I. INTRODUCTION
Quality of Service (QoS) refers to a broad collection of networking technologies and techniques to provide guarantees on the ability of a network to deliver predictable results and enhance user experiences [1] . It is the ability to provide different priority to different applications, users or data flows to guarantee a certain level of network performance. QoS guarantees are crucial especially for those real-time streaming multimedia applications [1] . The characteristics of real-time applications differ significantly from those of non-realtime applications. These real-time applications have higher bandwidth requirements; hence they are referred as bandwidth-extensive applications. Besides, real-time applications are delay sensitive. They require low end-toend delay in order to maintain their interactive and streaming nature. The desired delivery time for each message transmitted across the network is bounded by a specific maximum latency, resulting in a deadline being associated with each message [2] . Examples of these realtime applications include voice over Internet Protocol (VoIP), online interactive games, e-commerce transactions, video conferencing applications, instant messaging and so on.
In recent years, the popularity of real-time interactive applications has been rapidly growing and they have been widely used over cost-effective low bandwidth network such as VSAT (Very Small Aperture Terminal) satellite network. VSATs are a single, flexible communication platform which can be deployed easily and cost efficiently to provide telecommunication solutions for consumers, governments and corporations, even in the remote locations [3] . VSAT satellite network offers value-added satellite-based services capable of supporting the Internet, data, video, LAN, voice and fax communications.
However, most VSAT satellite network provides low and limited network bandwidth and cannot cope with the bandwidth need of real-time applications. Serious network threats like network congestion and packet loss might occur when those real-time interactive applications that consume high bandwidth are running over a low bandwidth satellite link. Under a low bandwidth link, network congestion occurs when the real-time applications are sending more data than the network devices can accommodate. This caused network packets being dropped when the buffers of network devices are filled up and became overflow. Thus, a severely congested link results in an increasing of packet drops, causing the real-time applications to retransmit the data, thereby further increasing the congestion. These result in reduced QoS of the link and also late packet delivery issues, which will create negative impacts on the QoS of the real-time applications as well as user experience. Owing to that, it is necessary to optimize the low bandwidth network to allow better user experience while using the real-time applications.
Therefore, to further enhance the QoS of a congested low bandwidth link, a real-time adaptive packet compression scheme is proposed in prior work [4] to reduce the bandwidth requirement of real-time applications, avoid network congestion and fully optimize the use of the low bandwidth link. In the proposed scheme, compression technique is used to eliminate redundancies in packet in order to overcome the network packet overhead and reduce packet size. Results show that data compression plays a crucial role in improving the QoS of low bandwidth VSAT satellite network. Through data compression, the network load is greatly reduced as more packets can be transmitted over the communication link at one time, hence improving the efficiency of bandwidth utilization and preventing network congestion. In some cases, the efficiency of the bandwidth can be improved up to 259%. By reducing the packet drops caused by network congestion, the QoS of a congested low bandwidth network can be improved significantly. The proposed scheme helps to increase the efficiency and smoothness of real-time traffic over a congested low bandwidth network. The rest of the paper is organized as follows: Section 2 reviews related studies on packet compression schemes and Section 3 describes the design and implementation of the proposed real-time adaptive packet compression scheme in details. Section 4 presents the experimental results and analysis. Finally, Section 5 concludes by briefly summarizing the main points of this research study.
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II. RELATED WORK
Currently, numerous compression schemes, systems and frameworks have been proposed and designed in order to perform efficient packet compression for improving the QoS of communication network. Most of the prior work falls into one of three categories: header compression, payload compression and packet compression.
A. Header Compression Schemes
Two popular header compression schemes known as Van Jacobson header Compression (VJHC) scheme and RObust Header Compression (ROHC) scheme have been developed to overcome packet header overhead. VJHC scheme is developed due to the large overheads of TCP/IPv4 protocol headers [5] . It is designed to reduce the transmission bandwidth or latency for low speed serial links by replacing the packet headers with the connection index to which the packets belong to. VJHC scheme introduces the concept of flow context and it uses differential encoding as the compression algorithm [5] . The main disadvantage of VJHC scheme is it may lead to error propagation throughout the transmission when a compressed packet is lost on the link. This is due to the inconsistent context which will cause a series of packets to be discarded at the receiver end. Thus, VJHC scheme is not applicable under a congested low bandwidth link with high packet drop rate as this will lead to higher packet drop which will cause the link performance to become even worse.
Besides VJHC scheme, ROHC scheme is another well known header compression scheme and it is used for compressing Internet Protocol (IP) packet headers [6] . This scheme also adopts the concept of flow context and treats compression and decompression as a series of states. The major advantages of ROHC over VJHC are improved efficiency and high robustness. ROHC works well over links with high bit error rates and long round trip times. Moreover, its framework is extensible and it is designed to discover dependencies in packets from the same packet flow. However, ROHC scheme is very complicated to be implemented as it absorbed all the existing compression techniques. In addition, in ROHC scheme, the decompressor needs to generate feedback packet and send it back to the compressor to acknowledge successful decompression. Besides that, the context updating information is also sent periodically to ensure context synchronization. This will easily lead to network congestion when working under a low bandwidth link with heavy traffic flows as ROHC scheme increases the network load by generating feedback and context information packets from time to time.
B. Payload Compression Schemes
Apart from header compression, two payload compression schemes have been proposed by other researchers, which are Adaptive Compression Environment (ACE) system and Adaptive Online Compression (AdOC) algorithm. ACE intercepts program communication and applies on-the-fly compression [7] . It is able to adapt to the changes in resource performance and network technology, thus the benefits from using ACE become apparent when the underlying communication performance varies or the network technology changes as in mobile communication network. ACE employs an efficient and accurate forecasting toolkit, which is known as Network Weather Service (NWS) to predict and determine whether applying compression will be profitable based on underlying resource performance [7] . However, ACE may introduce computation overheads due to massive amount of computation are needed during the prediction process. Besides, problem like prediction error which will lead to inaccurate decision may occur and large compression time cost of the compression algorithm such as bzip may impose additional delays. Thus, ACE may not be suitable and may impose additional delays over congested network.
Other work presented in [8] proposed a general purpose portable application layer compression algorithm known as AdOC. AdOC is suited for any application data transfer and it automatically adapts the level of compression to the speed of the network. Multithreading and First-In-First-Out (FIFO) data buffer are two important features of this algorithm. To completely eliminate the overhead encountered when data cannot be compressed, AdOC algorithm compresses data into smaller and independent chunks. However, too small chunks of data will simply caused overhead of FIFO queue. Since AdOC algorithm compresses data into smaller and independent chunks, network load may be increased and network congestion may become even worse when works under congested network.
C. Packet Compression Schemes
IPzip and adaptive packet compression scheme for advanced relay node are proposed in related works. IPzip is a comprehensive suite of algorithms presented for network packet headers and payloads compression. IPzip is designed to exploit the hidden intra-packet correlation and inter-packet correlation properties of the data streams [9] . It produces an efficient compression plan, where the data streams both within and across packets are reorganized to improve the compression ratio. Block compression is introduced, as IPzip aggregates similar packets into a block based on flow information before undergoing compression in order to increase compression ratio. Unfortunately, IPzip may not suit for real-time processing as it needs to carry out offline training to produce the efficient compression plan. Besides, IPzip may not be able to react if the intrinsic network traffic pattern changes frequently, since the learning process to generate a new compression plan takes time and efforts. Moreover, IPzip will simple cause network congestion if the compression processing speed is slower than the relay processing speed as it compresses all blocks. In conclusion, IPzip is not suitable for congested network.
Besides IPzip, an adaptive lossless packet compression scheme especially for advanced relay node in the network is proposed in [10] . This scheme is proposed to mitigate network traffic congestion issue and it is based on the assumption that both the conventional packet delay and additional advanced functions can be performed by the intermediate nodes inside the network using computational or storage resources at the nodes [10] . This scheme compresses the incoming packets adaptively and selectively according to some important metrics. Packet by packet compression is performed in this scheme. However, the compression ratio achieved via per packet compression is very much lower compared to the one with block compression. Therefore, this scheme will not help much in bandwidth saving when working under congested low bandwidth link. In addition, massive computation which consume a lot of time needs to be done by the advanced relay node each time it receives a packet. Under a heavy traffic condition which is usually experienced in a congested low bandwidth link, more and more calculation need to be carried out, thus, more and more delays being created, and finally creates a bad impact on user experience.
III. REAL-TIME ADAPTIVE PACKET COMPRESSION SCHEME
This section presents the concept of the proposed realtime adaptive packet compression scheme and highlights several important properties of the scheme, which help to improve the QoS of the congested low bandwidth network. Figure 1 . Concept of the proposed scheme. Fig. 1 above shows the concept of the proposed realtime adaptive packet compression scheme in satellite network topology. The proposed scheme is intended to improve the QoS of the low bandwidth satellite link. The proposed approach will focus only on the low bandwidth satellite link area, where the proposed scheme will be implemented in both ground station A and ground station B. Both ground stations will act as either compressor or decompressor as the communication channel between ground station A and ground station B is a duplex link.
A. Concept of the Proposed Scheme
In the proposed scheme, virtual channel is adopted only for the network portion involving wireless communication over VSAT satellite network. Besides facilitating data transmission, the concept of virtual channel also helps to increase network performance and reliability, simplify network architecture and improve network services. Virtual channel is a channel designation which differs from the actual communication channel and it is a dedicated path designed specifically for both sender and receiver only. With the presence of virtual channel, packet header compression techniques can be performed on all network packets as there is only one dedicated receiver for each virtual channel. The virtual channel is implemented across the duplex link between ground station A and ground station B in Fig. 1 , where the rules of data transmission and the data format used are agreed by both ground stations.
The flow of data transmission between both ground stations is as discussed in the following. When the transmitted data packets arrive at ground station A, the packets will undergo compression prior to transmission over the virtual channel. When the compressed data packets reach ground station B, the compressed packets will first undergo decompression before being transmitted to the end user. Apart from that, adaptive packet compression is mandatory due to the adoption of block compression in the proposed scheme. Although block compression helps to increase the compression ratio, however, it has its downside too. Block compression might impose additional delay when the compression buffer is filled in a slow rate due to lack of network traffic and a fast response is needed. This will further reduce the user experience of low bandwidth network. Therefore, to avoid this, packet blocks are compressed adaptively when any of the predefined conditions is reached, which will be discussed in details in the following section.
B. Strength of the Proposed Scheme
In order to improve and enhance the QoS of a congested low bandwidth network, the proposed real-time adaptive packet compression scheme has several important properties. Firstly, the proposed scheme is accommodating all incoming packets to fully exploit the positive effect of compression. It is not restricted to specific packet flow only but is applied to all incoming packets from numerous source hosts and sites. The adoption of virtual channel concept is one unique feature of this scheme, which has not been used in other reviewed schemes. This concept simplifies packet routing and makes data transmission more efficient, especially when packet compression is employed. In the proposed scheme, to facilitate packet transmission over the communication channel, a peer-to-peer virtual channel is established between the sender (compressor) and receiver (decompressor).
Block compression is another important feature in the proposed scheme. Block compression exploits similarities of consecutive packets in the flow and compression is performed on an aggregated set of packets (a block) to further improve the compression ratio, reduce network load and increase the effective bandwidth. The compression ratio is proportional to the size of the compression buffer used; meaning with larger buffer, more packets can be aggregated. With more packets, frequency of finding repeating byte sequence is also increase statistically. However, block compression may lead to higher packet delays due to the waiting time in the buffer and also the compression processing time. The packet delay time is expected to increase with the number of packet to be aggregated. Thus, larger buffer will introduce higher compression processing latency and also higher packet drops. Therefore, a trade off point is mandatory for compression buffer size.
Besides, both packet header and payload are being compressed in the proposed scheme. In many services and applications such as Voice over IP, interactive games and messaging, the payload of the packets is almost of the same size or even smaller than the header [11] . Since the header fields remain almost constant between consecutive packets of the same packet stream, therefore it is possible to compress those headers, providing more than 90% [11] saving in many cases. This helps to save bandwidth and the expensive resources can be used efficiently. Payload compression also introduces significant benefit in increasing the effective bandwidth. Payload compression compresses the data portion of the transmission and it uses compression algorithms to identify relatively short byte sequences that are repeated frequently over time. Payload compression provides a significant saving in overall packet size especially for packets with large data portions.
Apart from that, adaptive compression is employed in the proposed scheme. Network packets are compressed adaptively and selectively to exploit the positive effect of block compression which is improving packet throughput while avoiding the negative effect which is incurring additional delay. To avoid greater delay imposed by block compression, the set of aggregated packets or block of packets in the compression buffer is compressed adaptively whenever any of the following conditions are met: (a) The buffer reaches its predefined limit or has filled up. (b) A certain time threshold has been exceeded from the time the first packet being stored in the buffer and the buffer contains at least one packet.
By combining all the features listed above, network congestion issue can be avoided easily and the QoS of the low bandwidth network can be greatly improved.
IV. EXPERIMENTAL RESULTS AND ANALYSIS
To evaluate the proposed scheme, four simulation scenarios with different satellite link characteristics are used, as shown in Table 1 below. High link latency is simulated in all four scenarios. Scenario 1 provides a very low bandwidth for both satellite uplink and downlink, while Scenario 2 has a slightly higher with considerably low uplink and downlink bandwidth. Network congestion can simply occur in both Scenario 1 and 2 when there are heavy flows over the satellite network. Scenario 3 provides relatively higher uplink and downlink bandwidth compared to scenario 1 and 2, while Scenario 4 simulates the highest uplink and downlink satellite link among all the simulations. In each scenario, five different number of user are used to vary the congestion rate of the satellite link, in order to examine the impact of the proposed scheme on link with different congestion values. The compression rate used in the compression process is also varied for each value of number of user used, as presented in Table 1 . Compression rate is the size of the compression buffer for block compression. For example, compression rate with value 0 means no compression, compression rate with value 1 means packet by packet compression, compression rate with value 5 means 5 packets are to be aggregated in the compression buffer prior to compression, and so on. From the simulation results, compression rate which yields the highest packet throughput given that the packet drop rate is less than 5%, 10% and 15%, is selected. Packet drop rate more than 15% is not considered in this work as a communication link with packet drop rate more than 15% is considered as a bad performance link even though the throughput obtained is very high. The simulation results can be divided into three cases. Case 1 considers packet drop rate not more than 5%, Case 2 limits the packet drop rate to 10% and packet drop rate less than 15% is considered in Case 3. Following figures show the corresponding packet drop rate with the selected compression rate in each case. In both low bandwidth scenarios, due to the packet drop rate constraint of 5%, the packet drop rate line of Case 1 is slightly lower than the line of Case 2 & 3, which with the limits of 10% & 15%. Notice that the packet drop rate of simulation without compression increases with number of user in both scenarios. This is because when the number of user is increasing, the communication link will become more and more congested, hence leads to higher packet drops. With the adoption of the proposed scheme, the heavy network load is reduced by block compression and hence avoiding network congestion. Consequently, the packet drop rate can be greatly reduced since less packet being dropped due to buffer overhead at the router. The proposed scheme succeeds in reducing the packet drop rate up to 90 percent in both Scenario 1 and Scenario 2. This proves that through the introduction of the proposed scheme, the QoS of a congested low bandwidth link can be improved to a great extent. . This suggests that the proposed scheme is performing much better in a congested low bandwidth scenario compared to a high bandwidth scenario.
V. CONCLUSION
Nowadays, QoS of the communication network has dropped significantly due to network congestion. This problem has become even worse when bandwidthextensive real-time applications are running over low bandwidth communication link. In this paper, a real-time adaptive packet compression scheme for congested low bandwidth network is presented. The proposed scheme is intended to improve the performance and QoS of low bandwidth network. By reducing the packet size via compression, the bandwidth requirement of real-time applications is greatly reduced. Therefore, more bandwidth is available and hence, the use of the low bandwidth link can be fully optimized. In addition, block compression technique adopted in the proposed scheme succeed in avoiding network congestion by reducing the network load through the aggregation of packets into a block prior to compression. Extensive simulations have been conducted to evaluate the effectiveness of the proposed scheme. Result analysis shows that the proposed scheme succeeds in reducing the packet drop rate significantly in the evaluated scenarios. Up to 90% improvement in packet drop rate can be achieved via the proposed scheme. This proves that the QoS of a congested low bandwidth network can be greatly improved through the proposed real-time interactive packet compression scheme.
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